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1. Introduction

General VoIP with an arbitrary codec currently cannot be supported efficiently by GERAN (e.g. there is no general support for unequal error protection, and handling a variable size IP header as resulting from header compression is a major problem). This makes the introduction of an optimized voice solution essential.

The scope and requirement of this is that the optimized voice solution must be as efficient as the current GSM voice, while providing the IP service flexibility brought by conveying SIP CC signaling to the MS. The efficiency is catered for by the header removal scheme, which allows GERAN to basically only transfer the actual speech frames (i.e. no headers), thus enabling use of GSM’s codec-specific channel coding and interleaving schemes. 

2. Assumed GEneral Architecture 

GERAN R5 (June 2001) will adopt the UMTS method of requesting and offering services from the radio access network. Thus for the support of voice managed by the IM subsystem, the IMS network will first agree on a common codec to be used (via negotiations at a SIP level between the terminal(s) and the IMS components (S-CSCF etc)). The MS must then request a secondary PDP context, which in turn will 
request a RAB, and then GERAN will, after determining whether radio and Iu resources exist, accept or deny the RAB request. 

Figure 1, shown below is a proposed information flow sequence for this interaction between IMS, connectivity core network, GERAN and the MS  based on information in references [1-5]
.  The figure is based on a mobile originating call assuming that the user has already registered both in the connectivity network (i.e. via the SGSN and the HLR) and the IMS network (i.e. the S-CSCF has been discovered and the user has registered with the HSS via the P-CSCF and S-CSCF nodes).  

· The call/session set up initiates with the SIP/SDP signaling between the MS and the remote SIP entity (P/S-CSCF), where one preferred codec (i.e. AMR, HR, FR or EFR) is negotiated (flows 1 –11). 

· On deciding the preferred codec on a SIP level a secondary PDP context request is initiated from the MS to the SGSN.  This secondary PDP context request includes the QoS profile needed by the voice flow (flows a)

· Based on the PDP context request information, the SGSN identifies a RAB with the corresponding QoS profile. The RAB QoS profile will look very similar to the PDP QoS profile, but typically with a slightly lower Transfer delay value (flow b).

· Assuming that GERAN accepts the RAB request and that the core network accepts the PDP context request, the SGSN sends a PDP context accept to the MS (flows c-g). The SIP session signaling can then be completed  (flows 13 –28).
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Figure 1 Simplified signaling flow for an optimized voice session setup in GERAN 
(Mobile Originated).

3. geran Determmination ofoptimized voice RB from the RAB request information received 

If GERAN receives a Conversational RAB request, it needs to understand whether the media flow format described in the QoS profile corresponds to any of its pre-defined optimized voice RBs.  Three proposals are described for this.

3.1 Proposal A

Identification of the required codec can be done through the analysis of the QoS profile attributes “SDU format information”, “Guaranteed Bitrate” and “Maximum Bitrate”, however only if the additional field  “SDU format information” is supported. The codecs in question are AMR, EFR, FR, and HR, and examples of corresponding RAB QoS attribute settings are provided in Figure 2. 
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Figure 2.  An example of proposed typical QoS parameters used for codec identification.
  Please observe that the table is an example and not complete.

Figure 2 indicates that GERAN can determine which codec is requested and assign the corresponding optimized voice RB, except for EFR and FR, which are identical (see attributes for rows TCH/FS and TCH/EFS). On a general level FR and EFR need exactly the same treatment by GERAN, so designing one single optimized voice RB for these two codecs may not present a major problem.

3.2 Proposal B

Proposal B suggests that the desired codec is selected through explicit signaling from the MS in the PDP context request message. By using this approach the GERAN knows exactly which codec that is to be used.

The specific codec information is added to the secondary PDP context initiation information fields.  There is then a requirement to add an additional message in the SGSN to inform the BSC of the particular codec requested in the RAB request message.

3.3 Proposal C

Proposal C suggests that the desired codec is selected through explicit signaling from the MS to GERAN at the RB setup procedure.  By using this approach the GERAN knows exactly which codec that is to be used.

The codec required is sent directly between the MS and the BSC at the radio bearer setup communication presumably on a RRC layer.  In the case of header removal being used, this has the disadvantage that the codec selection message has to be generated from a specific voice solution.  A standard application on an attached computer cannot send the RRC message selecting codec to be used.

3.4 Support for SDU format information

In the R99, R4 and R5 specifications the support for “SDU format information” in the PDP context messages has not been included. 

The support of SDU format information would be needed for GERAN to select codec in proposal A as described above. It is assumed that SDU format information would be relatively easy to introduce in release 5.

3.5 Proposed solution 

It is proposed that proposal C is adopted for Release 5 as the methodology for codec identification for header removal for the GERAN.

The main reasons are due to the zero impacts on other standards groups and the faster deployment of the standards within a single group (GERAN), plus that terminals which will support optimized voice will be dedicated voice/MM terminals  

4.  Indication optimized voice (header removal) is Allowed to be used

There are two ways that the GERAN can support voice.  Either it can be done through an optimized voice RB, or through a ‘generic’ RB based on either a PDTCH logical channel or a ‘CS data’-like TCH logical channel.

Given that GERAN will support a number of different RAB QoS profiles, the system must be informed when header removal is allowed to be used.  Whether or not this is the case can only be known by the terminal
, which has awareness of the applications being used.  

Note The Nokia proposal in [8] suggests that it is the GERAN that makes this decision.  This solution has the unacceptable consequence that applications using multiple synchronized flows will fail, if GERAN decides to apply header removal.  

It is worth to note that GERAN is unaware of SIP negotiation. 

Given that it must be indicated to GERAN whether or not the application permits header removal  there are two possible solutions.  These two solutions are described below.

4.1 Solution 1

At the radio bearer setup negotiation the terminal indicates via RRC signaling to GERAN either that header removal “may be used”, or (default) “shall not be used”.

This solution has the obvious disadvantage that we pass an OSI layer in the terminal in a “non-standardized” way i.e. the header removal message is generated from a specific voice solution.  A standard application on an attached computer cannot send the RRC message selecting whether or not header removal shall be used. However this will not be problem for terminals supporting SIP speech services, which are ‘integrated’.

Note: No changes have to be made in the existing PDP context activation message.

4.2 Solution 2

A field containing the information bit that header removal “may be used”, or (default) “shall not be used”, has to be introduced in the PDP context request message, which is sent by the terminal to the SGSN. The SGSN will then indicate in the RAB request message that header removal may be used.

This solution is cleaner from an OSI layer perspective. Any application will be able to indicate whether or not header removal may be used. The disadvantage with the solution is that the PDP contest request message and the RAB request message have to be redefined, and a parameter that is not applicable to UTRAN (as long as header removal is not introduced in UTRAN) will be introduced.

4.3 Proposed solution

Due to zero impacts on other standards groups and the faster deployment of the standards within a single group, plus that the terminals which will support optimized voice will be dedicated voice/MM terminals it is recommended that GERAN select solution 1. 

5. RTP header removal and Regeneration 

There have been some discussions on the transfer of information to enable header regeneration in the BSC for the uplink data stream when header removal is used.  (See [8]).  The proposal suggested by Ericsson implies the use of TFT to forward the IP address and port number from the SGSN to the BSC at session setup. 

This would imply that the SGSN either has to store the TFT in the SGSN or the SGSN takes the relevant information fields from the TFT, which is sent from the MS to the GGSN.  This temporary stored information would then logically be sent to the BSC to provide the information necessary to regenerate the headers in the uplink
.

Two possible solutions are discussed below.

5.1  Suggestion 1

Additional information is included in the PDP context request sent by the terminal.  This information would include the destination IP address, the user’s IP address (assuming it is the same address as that allocated for the IMS subsystem signaling PDP context) and the associated port numbers.  Next this information is passed down from the SGSN to the BSC via additional fields in the RAB request.

As recommended by [7] this information is sent by the MS to the GGSN in the TFT template field.  This solution however will impose some additional functionality within the SGSN (the ability of the SGSN to retrieve the relevant information sent from the MS to the GGSN).  Plus the need to introduce the additional information fields within the RANAP protocol towards the BSC of the GERAN.

How RTP timestamp and sequence number generation are generated are FFS.

5.2 Suggestion 2

The terminal indicates directly to the BSC the relevant information to carry out header regeneration in the RRC radio bearer setup messages.

This solution will obviously impact the load on the radio interface.

5.3 Proposed solution

Due to zero impacts on other groups, suggestion 2 is proposed for decision in GERAN.

Conclusion and Decisions

The following are proposed for GERAN to discuss and decide.

1. Which proposal for the identification of which codec to use for header removal in the GERAN

· Proposal A will require that support for SDU format information is included in the PDP context messages. 

· Proposal B using a pre defined attribute in the PDP context activation plus additional fields between the SGSN and the GERAN.

· Proposal C using explicit signaling between the MS and GERAN.

This paper recommends that GERAN adopt proposal C as the working methodology for identification of codec.

2. Which solution (1 or 2) should be adopted for header removal identification information for the GERAN: 

· Solution 1 has the drawback that external applications will not be able to use header removal.  Current assumption is that terminals requiring header removal will only be the integrated type. Applications with multiple synchronized media flows will work using the default mode, where header removal is not used. 

· Solution 2 The solution is cleaner from an OSI-perspective but will require new information elements in the PDP context request message. It is important that the solution chosen that does not require to many changes in the standard, in order to be part of the GERAN June package. The drawback with solution 2 is that it might not be possible to get it ready in that timeframe.

This paper recommends that GERAN adopt solution 1 as the working methodology for identification that header removal is to be used.

3. Which suggestion is used to transfer the relevant information for header regeneration to the BSC

· Suggestion 1.  Use of TFT information.  Modification of SGSN functionality and RAB request information fields 

· Suggestion 2 Direct transfer of header information from the MS to the BSC 
This paper recommends that GERAN adopt suggestion 2 as the working methodology for transfer of relevant header information for header regeneration in the uplink.

It is proposed that a liaison statement is sent to S2, for information purposes, to highlight the results of the decisions made from this proposal. 
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� Please note some of the references are taken from the R99 release and changes may occur in the developments of these standards for release 5. 


� One particular case: If the RAB request originated in an ‘IP multimedia’ application, where other real-time (RTP/UDP/IP) flows exist in parallel, and which need RTP synchronization with the voice flow, use of an optimized voice RB is not allowed. The reason for this is that since the optimized voice RB uses header removal, the RTP header is never brought to/from the MS. Thus it is apparent that the flows cannot be synchronized correctly. As the time stamps of the RTP frames of the two flows will not start at the same index, the application will most probably fail entirely.


� Note the SGSN does not currently store the destination IP address nor the originating and destination port numbers. 
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						Note: Either SDU format info or Max SDU size is used.

						SDU format info								Max SDU size

						1a		1b		2		HDR		Total				Max bitrate		Guaranteed bitrate		Delivery of Err SDU								SDU Err Ratio		Residual bit error ratio

		TCH/FS				50		132		78		X		260				12.2		12.2		Y		-		-		-		1E-2 - - -		1E-5 1E-3 5E-2 1E-4

		TCH/EFS				50		132		78		X		260				12.2		12.2		Y		-		-		-		1E-2 - - -		1E-5 1E-3 5E-2 1E-5

		TCH/HS				73		22		17		X		112				7.95		7.95		Y		-		-		-		1E-2 - - -		1E-5 1E-3 5E-2 1E-6

		TCH/AFS12.2				81		163				X		244				12.2		4.75		Y		-		-				1E-2 - -		1E-5 1E-3 5E-2

		TCH/AFS10.2				65		139				X

		TCH/AFS7.95		TCH/AHS7.95		75		84				X

		TCH/AFS7.4		TCH/AHS7.4		61		87				X

		TCH/AFS6.7		TCH/AHS6.8		55		79				X

		TCH/AFS5.9		TCH/AHS5.9		55		63				X

		TCH/AFS5.15		TCH/AHS5.15		49		54				X

		TCH/AFS4.75		TCH/AHS4.76		39		56				X

						0		0				X






